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ABSTRACT

In this paper an application of the noise cancelling method
for suppression of noise of a microphone array system is dis-
cussed. First an overview of the noise cancelling approach is
given. This is followed by a description of the employment
of the method in a realized microphone array system. The
limiting factors are described and theoretical limits of the
noise suppression are derived. Experimental results, which
are obtained in a realistic environment, are presented. The
results show that depending on the recording situation the
noise cancelling approach applied to a microphone array
system leads to a signi�cant enhancement of the signal to
noise ratio of the array output signal.

1. INTRODUCTION

With microphone arrays a good signal-to-noise ratio can
be achieved when recording speech signals without the con-
straints of hand-held or body-worn microphones. Due to
the directivity of the array, di�use noise and reverberation
are attenuated compared to the direct sound.
If the noise suppression is not su�cient, the directivity

index can be increased to achieve a higher signal-to-noise
ratio. An increase of the directivity index of a microphone
array by 3 dB requires twice the number of microphones
and signal processing hardware. Thus even for a small im-
provement of the noise suppression of 3 dB a great expense
in additional hardware is required.

Noise suppression without increasing the number of mi-
crophones can be achieved by post-processing the out-
put signal of the array with noise reduction methods like
the noise cancelling method [1], the spectral subtraction
method [2] or a frequency selective attenuation [3].
As mentioned above this paper will focus on the noise

cancelling approach.

2. THE NOISE CANCELLING METHOD

The concept of the two channel noise cancelling approach
described by Widrow [1] is depicted in Fig 1. The desired
signal s(i) is corrupted by additive noise n1(i) which is a
�ltered version of the original noise signal n(i). The result-
ing signal d(i) forms the primary input. The �lter impulse
response h(i) is unknown and may be time variant. In addi-
tion to the noisy signal on the primary channel, the original
noise signal is available at the 'reference input' of the noise
cancelling system. Now the unknown system h(i) is esti-
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Figure 1. Concept of the noise cancelling method

mated with an adaptive FIR-�lter w(i). By �ltering the
noise signal n(i) with this impulse response, an estimation
of the signal n1(i) is generated. This estimated noise sig-
nal n̂1(i) is subtracted from the signal d(i). The better the
estimation of w(i), the closer n1(i) and n̂1(i) will be and
the less noise will remain in the output signal e(i). If s(i)
and n(i) are stationary and uncorrelated signals the �lter
coe�cients of w(i) are best adjusted if the output power
is minimized [1]. This also yields the maximum achievable
noise reduction. For a time varying unknown system h(i)
the �lter w(i) has to be adaptive. In the system presented
in this paper an NLMS-algorithm (normalized least mean
square) is employed to adapt the �lter coe�cients.
The following problems can arise with the noise cancelling

approach:

1. If the �lter w(i) is shorter then h(i) the noise reduction
is limited [4].

2. If the unknown system h(i) changes faster than the
�lter w(i) can adapt, only little noise suppression is
achieved.

3. If portions of the desired signal are picked up in the
reference channel, the desired signal is treated as noise
and the system tries to cancel it out.

3. EMPLOYMENT OF THE METHOD

A linear microphone array with 16 cardioid microphones
is used to form a steerable directivity pattern to capture the
signals for the noise canceller. The steering is performed by
switching between di�erent directivity patterns which have
their maximum sensitivity at broadside (0�), �15�, �30�

and �46� respectively. The patterns are formed after the
method described in [6] with the request of a beam width
between zeros of approximately 40� and a minimum side
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Figure 2. Use of the noise cancelling method in the

microphone array system

lobe attenuation of about 25 dB. The pattern overlap in
their 3 dB attenuation points. In the frequency range from
500 Hz to 4 kHz the directivity pattern is nearly frequency
independent.
To get the signal for the primary channel the array is

steered towards the signal source, usually a human speaker.
Due to re
ections in the room and the limited side-lobe level
of the directional response of the array, noise generated by a
noise source and �ltered by a room impulse response is also
picked up by this beam. The signal for the reference channel
is picked up by the array steered towards the noise source.
If there is more than one noise source, other beams can
be used to form additional reference signals. The resulting
setup is shown in Fig. 2.
In the signal path a delay � is introduced to approximate

the unconstrained solution for the noise canceller, which
requires a noncausal �lter ([1]).

4. THEORETICAL LIMITS

4.1. Limited Filter Length

The in�nite impulse response h(i) of a room is adapted by
the �nite length �lter w(i). This leads to an error in the
output signal of

e(i;N) =

1X

l=N

h(l)n(i� l)

assuming that the �rst N coe�cients are adapted ideally.
For white noise as a noise source the in
uence of the �lter

length N to the signal-to-noise enhancement (SNRE) of the
system can be estimated according to [5]:

SNRE =
N

T60 fs
60 dB (1)

(T60: reverberation time of the room, fs: sampling fre-
quency). The SNRE is the ratio of the SNR at the output
of the noise canceller to the SNR at the primary input ex-
pressed in dB. It is used as the quality factor of the system.
For a �lter length of 500 taps and with a sampling fre-

quency of 8 kHz a SNRE of 7.5 dB can be expected in a
room with T60 = 0:5 s.

4.2. Time Variations of the Room Impulse Re-

sponse

The achievable noise reduction is further limited by the time
variance of the room impulse response. This variation is

caused for instance by the movement of the noise source or
changes in the room environment ( e. g. opening of a door
or variations of the room temperature). The room impulse
response is very sensitive even to small movements of the
signal source. Measurements have shown that a displace-
ment of the signal source of 5 cm causes signi�cant changes
in the room impulse response.

4.3. Cancellation of the Desired Signal

Mainly by room re
ections the desired signal s(i) is picked
up by the beam pointing towards the noise source. This
results in partial cancellation of the desired signal, thus re-
ducing the SNRE. Therefor the delay � in the primary chan-
nel should be chosen to be smaller than the time between
the arrival of the direct sound and the �rst reverberations.
Fig. 3 shows the compensation of the speech signal as a
function of the delay � for the conference room setup de-
scribed later. The �lter length was 4000. The compensation
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Figure 3. Measured compensation of the desired

signal as a function of the delay time �

decreases for large delay times because the speech compo-
nents in the primary channel and in the reference channel
will be increasingly decorrelated.

5. EXPERIMENTAL RESULTS

5.1. Conference Room Environment

For this experiment the array was set up in a conference
room (reverberation time T60 = 0; 5 s) as shown in Fig.
4. The achieved noise reduction as a function of the �lter
length is shown in Fig. 5. The desired signal is the signal
of human speaker referred to as speaker 1. The experi-
ment was repeated for three di�erent noise sources: White
noise, which was radiated by a loudspeaker, a second human
speaker, referred to as speaker 2 and a drill.
The maximum enhancement of 5 dB is achieved with

white noise as the noise signal. For the two other noise
sources a SNRE of 2 dB and 1.5 dB is achieved. This dif-
ference can be explained by the time variance of the room
impulse response for moving sources and the adaption abil-
ity of the NLMS algorithm for di�erent input signals. While
the white noise is radiated by a �xed loudspeaker the two
other sources perform small movements, due to unavoidable
natural hand or head motions. These movements cause the
room impulse response h(i) to vary with time. The time
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Figure 5. Noise suppression as a function of the

�lter length

variance is so fast, that the adaptive �lter can not follow
su�ciently to achieve a better SNRE. Furthermore the sys-
tem adapts better to the exitation with white noise than to
instationary signals like speech or the sound of a drill.

For the white noise signal and �lter length below 2000
taps, the SNRE rises with rising number of taps as indicated
by equation 1. Due to the fact that the recorded signals
are of �nite duration, for higher �lter length the overall
time is not su�cient for the �lter to adapt and the SNRE
is reduced. If longer recordings were made the SNRE is
expected to increase with increasing �lter length.

When the distance between the loudspeaker radiating
white noise and the array is reduced to 80 cm a maximum
enhancement of 8 dB is achieved. The noise-to-signal ratio
increase at the reference channel improves the noise cancel-
lation [1].

To evaluate the performance of the noise canceller to nar-
row band signals a sine wave of 1 kHz was radiated from
the loudspeaker. The result was an enhancement of more
than 15 dB even at a �lter length of 100 taps.

6. SUMMARY AND CONCLUSIONS

By employing the noise cancelling method for the output
signal of a microphone array, the signal-to-noise ratio of
the output signal can be signi�cantly increased without an
increase in the number of microphones, with the improve-
ments depending on the noise source.
For locally �xed noise sources radiating white noise an en-

hancement of the SNR of 5 dB to 8 dB is achieved, varying
with the distance between the noise source and the array.
For narrow band signals the SNR enhancement is more than
15 dB.
Only small enhancements could be achieved for noise

sources performing small movements. The major reason
for this is the time variance of the impulse responses.
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